Noise reduction (NR) systems are commonplace in modern digital hearing aids. Though not improving speech intelligibility, NR helps the hearing-aid user in terms of lowering noise annoyance, reducing cognitive load and improving ease of listening. Previous psychophysical work has shown that NR does in fact improve the ability of normal-hearing (NH) listeners to discriminate the slow amplitude-modulation (AM) cues representative of those found in speech. The goal of this study was to assess whether this improvement of AM discrimination with NR can also be observed for hearing-impaired (HI) listeners. AM discrimination was measured at two audio frequencies of 500 Hz and 2 kHz in a background noise with a signal-to-noise ratio of 12 dB. Discrimination was measured for ten HI and ten NH listeners with and without NR processing. The HI listeners had a moderate sensorineural hearing loss of about 50 dB HL at 2 kHz and normal hearing (≤20 dB HL) at 500 Hz. The results showed that most of the HI listeners tended to benefit from NR at 500 Hz but not at 2 kHz. However, statistical analyses showed that HI listeners did not benefit significantly from NR at any frequency region. In comparison, the NH listeners showed a significant benefit from NR at both frequencies. For each condition, the fidelity of AM transmission was quantified by a computational model of early auditory processing. The parameters of the model were adjusted separately for the two groups (NH and HI) of listeners. The AM discrimination performance of the HI group (with and without NR) was best captured by a model simulating the loss of the fastacting amplitude compression applied by the normal cochlea. This suggests that the lack of benefit from NR for HI listeners results from loudness recruitment.
ABSTRACT
Noise reduction (NR) systems are commonplace in modern digital hearing aids. Though not improving speech intelligibility, NR helps the hearing-aid user in terms of lowering noise annoyance, reducing cognitive load and improving ease of listening. Previous psychophysical work has shown that NR does in fact improve the ability of normal-hearing (NH) listeners to discriminate the slow amplitude-modulation (AM) cues representative of those found in speech. The goal of this study was to assess whether this improvement of AM discrimination with NR can also be observed for hearing-impaired (HI) listeners. AM discrimination was measured at two audio frequencies of 500 Hz and 2 kHz in a background noise with a signal-to-noise ratio of 12 dB. Discrimination was measured for ten HI and ten NH listeners with and without NR processing. The HI listeners had a moderate sensorineural hearing loss of about 50 dB HL at 2 kHz and normal hearing (≤20 dB HL) at 500 Hz. The results showed that most of the HI listeners tended to benefit from NR at 500 Hz but not at 2 kHz. However, statistical analyses showed that HI listeners did not benefit significantly from NR at any frequency region. In comparison, the NH listeners showed a significant benefit from NR at both frequencies. For each condition, the fidelity of AM transmission was quantified by a computational model of early auditory processing. The parameters of the model were adjusted separately for the two groups (NH and HI) of listeners. The AM discrimination performance
INTRODUCTION
Noise reduction (NR) systems are commonly used in modern digital hearing aids. While the nature of the benefit of such systems is still debated (e.g., lowering noise annoyance, reducing cognitive load or improving ease of listening; Brons et al. 2013; Palmer et al. 2006; Sarampalis et al. 2009) , it is clear that NR does not improve speech intelligibility compared to the unprocessed conditions (Hu and Loizou 2007) . Ives et al. (2013) investigated the effectiveness of a modern NR algorithm Malah 1984, 1985) on the transmission of slow amplitude-modulation (AM) and frequency-modulation (FM) cues; these are known to be important for speech recognition in quiet and in noise (e.g. Houtgast and Steeneken 1985; Shannon et al. 1995; Zeng et al. 2005) . Examining the transmission of these basic speech cues is important as it may uncover how such algorithms can be improved. Ives et al. showed that for normal-hearing (NH) listeners, NR slightly increased the discrimination of AM cues at relatively high signal-to-noise ratios (SNRs) (+6 to 12 dB). Discrimination of FM cues was affected much less by the NR algorithm; in this case, discrimination was marginally decreased at only the lower SNR (0 dB).
The current study aimed to assess whether the small, but significant beneficial effects of NR on the discrimination of AM cues observed for NH listeners could also be observed for hearing-impaired (HI) listeners. The discrimination of FM cues for HI listeners was not assessed as Ives et al. (2013) had shown the benefit from NR on FM cues was weak. Throughout this study, a single-microphone spectral-subtraction NR algorithm was used (see section II. C for a full description of this algorithm).
As in the earlier study of Ives et al. (2013) , nonlinguistic stimuli were used to assess any potential benefit from the NR algorithm without the confounding linguistic effects that typically arise when using speech stimuli. The stimuli were sine tones, amplitude-modulated by a complex modulation pattern with temporal characteristics comparable to those of speech (Houtgast and Steeneken 1985; Sheft et al. 2012) .
The use of narrow-bandwidth stimuli (i.e., AM sine tones) allowed the effectiveness of the NR algorithm to be assessed at two different audio frequencies. For the HI listeners of the current study, these two frequencies corresponded to either a region of normal hearing (500 Hz) or a region of moderate sensorineural hearing loss (2 kHz) on the same individual. This controlled for potential differences in "processing efficiency" (Patterson et al. 1982; Plack and Moore 1990; Hall and Grose 1994) across NH and HI listeners. In other words, this controlled for differences in the efficiency of the central auditory system of NH and HI listeners in using the modulation information in the context of high-level cognitive factors such as attention, memory and decision. Also, previous work has shown that AM detection and discrimination is similar for NH and HI listeners when audibility is controlled (Moore et al. 1992 (Moore et al. , 1996 Füllgrabe et al. 2003; Lorenzi et al. 2006) . Therefore, the use of AM sine tones allowed the direct comparison of the effects of NR for NH and HI listeners. Dubbelboer and Houtgast (2007) showed that spectral-subtractive NR algorithms may improve the transmission of AM cues in noise by increasing their strength (i.e., modulation depth). However, NR processing, such as hard-thresholding (i.e., removing all content below a certain level), produces acoustical distortions in both the audio and modulation domains. Cochlear damage is typically associated with basic sensory deficits such as reduced audibility, reduced frequency selectivity, and loudness recruitment (see Moore 2007 for a review).
Cochlear damage can also be associated with increased (internal) variability in the encoding process which is usually modeled by increased internal (neural) noise (Zwislocki and Jordan 1986; Derleth et al 2001) . In the current study, the computational model of early auditory processing developed by Ives et al. (2013) to quantify the effects of NR on the fidelity of AM transmission was further developed and used to determine the relative contribution of these acoustical and sensory factors.
METHOD

Participants
Ten HI listeners participated in the experiment together with a separate control group of ten NH listeners. All listeners were fully informed about the goal of the study and provided written consent before their participation. The study was approved by CPP Ile de France (07018-ID RCB: 2007-A00343-50). HI listeners with any of the following were excluded: Ménière's disease, psychiatric disorders, strong tinnitus or conductive hearing loss. Differences between air-and bone-conduction thresholds ranged from 0 to 10 dB across HI listeners, indicating that the hearing loss was of sensory origin. All of the HI listeners had audiometric thresholds for the tested (right-side) ear not exceeding 20 dB HL at 500 Hz (mean=18 dB HL, standard deviation=4 dB) and thresholds between 40 and 55 dB HL (mean=48 dB HL, standard deviation= 5 dB) at 2 kHz indicating that the hearing loss was moderate at this frequency (Goodman 1965) . The individual audiograms for the HI listeners are shown in Figure 1 together with the average audiogram for the group. All of the NH listeners had audiometric thresholds not exceeding 20 dB HL at frequencies of 0.25, 0.5, 1, 2 and 4 kHz except one NH listener who had a threshold of 30 dB HL at 4 kHz. The age range for the HI group was 27-70 years with a mean of 62 years. For the NH group, the range was 24-68 years with a mean of 50 years.
Stimuli and Discrimination Task
The stimuli and task were similar to that described in Ives et al. (2013) . Listeners were required to discriminate pairs of stimuli that differed in their AM patterns. The stimuli were pairs of either 500-Hz or 2-kHz pure tone carriers (with random starting phase) modulated in amplitude by a complex modulator consisting of two sinusoids. Equation 1 describes the AM modulator:
where t corresponds to time (in seconds). The frequencies of the two sinusoids, f 1 and f 2 , were inharmonically related (f 2 =1.254×f 1 ) and centered symmetrically on a logarithmic axis about a nominal center frequency (fc) of 3 Hz, chosen because it corresponds to the most salient and critical modulation rate in the production and understanding of continuous speech (Steeneken and Houtgast 1980; Houtgast and Steeneken 1985) . In order to prevent listeners from building templates and over-learning the stimuli, fc was roved by ±0.25 octaves (i.e., 0.5 octave range) across trials. With an fc value of 3 Hz, typical values of f 1 and f 2 would be 2.68 Hz and 3.36 Hz, respectively. Within a trial, fc was constant for the stimuli of both intervals. The starting phases (θ 1 , θ 2 ) of the two sinusoids of the modulators were taken from two sets of 100 randomly generated phase pairs. On each trial, θ 1 and θ 2 were either identical or different across the two intervals, i.e., θ 1 interval 1 = θ 1 interval 2 and θ 2 interval 1 =θ 2 interval 2 for the identical trials and θ 1 interval 1 ≠θ 1 interval 2 and θ 2 interval 1 ≠ θ 2 interval 2 for the different trials, thereby producing either identical or different pairs of complex modulation patterns, respectively. The duration of each complex modulation pattern was set to one pseudoperiod of the complex modulator [stimulus duration=1/(f 2 −f 1 )]. As a consequence, the duration of the stimuli varied across trials (but was identical within trials). Typically the duration of each stimulus within the pair was between 1.25 and 1.75 s with a mean value of 1.5 s. Stimuli were ramped on and off using a raised half-period cosine function with a duration of 100 ms. The inter-stimulus-interval was 500 ms. The magnitude (and thus, modulation depth) of each sinusoid, m, was fixed at 0.5 (this was equivalent to using one modulator with a modulation depth of 1). All stimuli were equated in root-mean-square (rms) power before presentation to the listeners. For both NH and HI listeners, all sounds were presented monaurally to the right ear via Sennheiser HD250 Linear II headphones. For the NH group, stimuli at both 500 Hz and 2 kHz were presented at 65 dB SPL. For the HI group, the stimuli at 500 Hz were presented at 65 dB SPL and the stimuli at 2 kHz were amplified following a linear third-gain rule, (e.g. for a listener with a hearing loss of 50 dB HL, stimuli were presented at a level of 65+50/3=82 dB SPL), with a maximum presentation level of 85 dB SPL. Listeners were seated in a double-walled IAC sound-isolation booth.
Discrimination of AM patterns was measured in the presence of a simultaneous white-noise masker that had been passed through a gammatone filter (Patterson et al. 1987 ) whose center frequency matched the carrier frequency of the stimuli (either 500 Hz or 2 kHz). The width of the gammatone filter was equal to 1 equivalent rectangular bandwidth (1 ERB N ; Glasberg and Moore 1990). The noise was presented at an SNR of 12 dB (SNR being calculated using the separate rms values of the narrowband signal and noise). For each stimulus interval within a trial, a different noise token was used. An SNR of 12 dB was used as this amount provided the most benefit from NR in the study of Ives et al. (2013) .
Discrimination performance in terms of d′ scores was measured by means of a same-different procedure (see Macmillan and Creelman 2005) . d′ scores were calculated by taking the difference between the Z scores of the hit-rates (HR) and the Z scores of the false alarm rates (FAR). Extreme values for either the HR or the FAR were corrected as specified by Macmillan and Creelman (2005), with half a hit or half a false alarm added (if HR or FAR was 0, respectively) or subtracted (if HR or FAR was 1, respectively). Feedback as to the correct answer was provided to the listener at the end of each trial. Discrimination performance was measured for ten NH and ten HI listeners for four conditions, with each condition run in a separate block (the four conditions are shown in Table 1 ). For each experimental condition and each listener, d′ scores were computed based on two blocks of 100 trials (i.e., 50 pairs of identical modulation patterns and 50 pairs of different modulation patterns with all pairs being presented in random order within a block).
Noise Reduction Algorithm
The NR algorithm used to process the stimuli was based on a spectral-subtraction technique representative of current hearing aid technology. The effects of this algorithm on speech perception have been investigated in previous studies (e.g., Sarampalis et al. 2009 ). The algorithm is described in detail by Fang and Nilsson (2004) . It uses a single-microphone input and estimates the noise level as the long-term stimulus average. The signal is any part of the input that is greater than this long-term average. However, in the current set of experiments, the NR algorithm was fed with separate, clean versions of the noise, together with a composite signal comprising both the signal and noise. Thus, this represented a perfect estimate of the continuous background noise. The average power level of the noise was estimated in nine frequency bands with center frequencies of 500, 750, 1,000, 1,500, 2,000, 3,000, 4,000, 6,000, and 8,000 Hz. As the bandwidth of the stimuli was relatively narrow, only the 500-Hz or 2-kHz channel contained non-negligible amounts of energy (for stimuli with a center frequency of 500 Hz and 2 kHz, respectively). The bandwidth (−3 dB) of the 2,000-Hz channel was 717 Hz (cutoff frequencies: 1,732 and 2,449 Hz) and the attenuation rate outside the passband was 60 dB/ octave. The 500-Hz channel was a low-pass filter with a cutoff frequency (−3 dB) of 613 Hz. The instantaneous (averaged over 25 ms) power level of the input signal (i.e., the composite signal of both the signal and noise) was estimated for the same nine frequency bands. This instantaneous level was compared to the average level of the noise-alone stimulus and a running-SNR was computed within each frequency channel. A running-attenuation, dependent on the running-SNR, was then applied to each channel. The relationship between the attenuation and the SNR was a broken stick function. For SNRs between 18 and 9 dB, attenuation increased linearly from 0 to 7 dB (a slope of 0.78). For SNRs between 9 and −2 dB, attenuation increased linearly from 7 to 24 dB (a slope of 1.55). The equation for the attenuation function is shown in Eq. 2. The NR algorithm was set to have a maximum attenuation of 24 dB and used the highest level of noise reduction (setting 3, as specified in Fang 
As we were attempting to measure the peak performance of the NR algorithm, the model assumed a perfect knowledge of the noise. This signal known exactly (SKE) approach has a long-standing acceptance in both engineering and perceptual studies (e.g., Anderson et al. 2009; Dubbelboer and Houtgast 2007; Jørgensen and Dau 2011; Ives et al. 2013) . In that SKE is taken to represent optimal performance, it is meaningful in the present context to demonstrate the maximum likely performance of the NR algorithm.
Testing Procedure
Each condition was run twice as separate blocks with block order randomized within and across listeners (Latin-square design). Each block consisted of 100 trials (i.e., one presentation of every modulationpattern pair) and typically lasted between 10 and 15 min. Listeners were given as much time as they needed to respond: typically they would run all eight blocks (i.e., four conditions×two repetitions) in a 2-to 3-h session. Prior to data collection, listeners were trained using a shorter run of around 20 trials 
RESULTS
Psychophysical Data
Table 2 (in Appendix) shows the individual discrimination scores for the 10 NH and 10 HI listeners, for each experimental condition. Figure 2 shows the mean AM pattern discrimination performance in terms of d′ for the ten NH and ten HI listeners for the two carrier frequencies with and without NR. The carrier frequency is marked along the abscissa and the hearing group (NH and HI) is labeled above the bar plots. For conditions without NR, the results are indicated by light-gray filled bars and for conditions with NR, they are indicated by dark-gray filled bars. The black vertical lines represent the 95 % confidence intervals. For the baseline condition (NR=off), the mean discrimination scores for NH (d′=1.78 at 500 Hz; d′= 1.81 at 2 kHz) and HI (d′=1.49 at 500 Hz; d′=1.73 at 2 kHz) listeners were comparable. A two-tailed unpaired-samples Student t test showed that there was no significant difference between the HI group and the NH group for the baseline conditions (NR=off) at both 500 Hz [t(18)=1.10, p=0.28] and 2 kHz [t(18)= 0.23, p=0.82]. This is consistent with previous psychophysical work showing that the ability to detect and discriminate complex AM is normal for HI listeners (Füllgrabe et al. 2003; Lorenzi et al. 2006 ).
For the NH group, NR was beneficial for AM discrimination at both carrier frequencies. At 500 Hz, d′ increased from 1.78 to 2.03 (for NR= off and NR = on, respectively). At 2 kHz, d′ increased from 1.81 to 2.14 (for NR=off and NR= on, respectively). This benefit from NR was small, but compares well to the results from Ives et al. (2013) who showed that AM discrimination improved from a d′ of 1.74 to a d′ of 2.11 for NR=off and NR=on, respectively at an SNR of 12 dB for NH listeners.
For the HI group, NR was not beneficial for AM discrimination at either carrier frequency. At 500 Hz, d′ increased from 1.49 to 1.96 (for NR=off and NR= on, respectively). At 2 kHz d′ scores were 1.73 and 1.75 for NR=off and NR=on, respectively.
An omnibus split-plot analysis of variance (ANOVA) conducted on the d′ scores showed there was a significant main effect of NR [F(1,18) 
Modeling
The stimuli were processed with a model of early auditory processing (Patterson et al. 1987) to quantify the fidelity of AM transmission (Sheft et al. 2008) . The model comprised a number of stages, the first of which was a gammatone auditory filter (1 ERB N wide) with a center frequency corresponding to the stimulus carrier frequency (500 Hz or 2 kHz). The absolute value of the Hilbert transform of this filtered signal was compressed in amplitude (Glasberg and Moore 2000) to simulate the operation of the active mechanism on the basilar membrane in the cochlea. This compressed signal was then low-pass filtered at 10 Hz using a first-order, zero-phase Butterworth filter to simulate temporal-modulation selectivity at the lower rates (Ewert and Dau 2000) . The resulting bandwidth encompassed the range of modulation rates of our AM stimuli. White noise, with a mean of zero, was added to this slowly varying envelope to simulate the variance (or internal noise level) in the performance of the listener (Macmillan and Creelman 2005) . A similar approach (additive noise) was taken by Dau et al. (1997a, b) in their "modulation filterbank" model. For each trial, the maximum of the normalized crosscorrelation function of these envelopes for the two stimulus intervals was calculated (a similar procedure to that demonstrated in Ardoint et al (2008), effectively the envelopes are time shifted to find the highest correlation).
For each experimental condition, average correlations were calculated by taking the arithmetic means of the correlations across the 50 "same" and 50 "different" trials. These average correlations were determined for the two carrier frequencies (500 Hz and 2 kHz), with and without NR.
The model was run at both carrier frequencies to simulate discrimination performance for a NH group and at only the higher carrier frequency of 2 kHz for the HI group (the HI listeners had a moderate hearing loss at 2 kHz and normal hearing at 500 Hz, therefore we assumed that the "NH model" at 500 Hz was appropriate to simulate performance for the HI group at 500 Hz). The correlation values, r, were transformed into Z scores using the Fisher transform (Fisher 1915) as shown in Eq. 3.
From these Z scores of the same (Z same ) and different (Z diff ) trials, for a particular condition, a d′ score was determined as shown by Eq. 4. Therefore, the greater the difference between Z same and Z diff , the higher the d′ score and the easier the task. Ten repetitions, using a different noise sample, were used for each condition.
Two independent parameters of the model were modified to simulate discrimination performance for an HI population. Firstly, the gain (G max ) of the compression stage was varied over a range of 0-36 dB to simulate loudness recruitment resulting from the loss of the active compression on the basilar membrane. Secondly, the internal noise level was increased to compensate for the increase in the level of the signal (see below). The level of internal noise used to simulate the HI condition was 12 dB higher than that used for the NH condition.
Additionally, the level of the stimuli used for the simulations of the HI condition was increased by 17 dB (i.e. from 65 dB SPL to 82 dB SPL: this is based on the use of a third-gain rule and an average hearing loss of 50 dB HL, i.e. 1/3×50 dB≈17 dB). The effect of increasing the level of the stimuli is to change the shape of the compression function. At low sound levels, the slope of the input-output function is close to 1 and as the sound level is increased the input-output function becomes more compressive with a slope less than 1 (see Fig. 6 in Glasberg and Moore 2000). The change in stimulus level is not considered to be an independent parameter as it only has the effect of changing the operating point of the compression function, otherwise previously entirely defined by the value of G max . Figure 3 shows the output of the model for a 1-ERB N wide gammatone auditory filter. The main central panel of Figure 3 shows the predicted d′ for both groups (NH and HI) for the two carrier frequencies (500 Hz and 2 kHz) with and without NR processing. For the NH group, the predicted d′ values are 1.6 and 2.0 for NR=off and NR=on, respectively at 500 Hz. These predictions compare well to psychophysical results in that the overall benefit of NR is captured by the model. The benefit is slightly overestimated compared to the psychophys-ical data of 1.78 and 2.03 (for NR=off and NR=on, respectively). For the NH group, at a carrier frequency of 2 kHz, the predicted d′ values are 1.8 and 2.1 (for NR=off and NR=on, respectively). These predictions compare very well to the psychophysical data of 1.81 and 2.14 (for NR=off and NR=on, respectively). The parameters of the model used to simulate the HI data were the same as those used to simulate NH data at 500 Hz. Therefore, the predictions for the HI group at 500 Hz were the same as those for the NH group i.e., d′ values of 1.6 and 2.0 (for NR=off and NR=on, respectively). These compare reasonably well to the psychophysical data of 1.49 and 1.96. The predicted scores are a little high, but the magnitude of the benefit from NR is appropriately estimated. For the HI group, at a carrier frequency of 2 kHz, the predicted d′ values are 1.7 and 1.8 (for NR = off and NR = on, respectively). These predictions compare very well to the psychophysical data of 1.73 and 1.75 (for NR=off and NR=on, respectively) in that they have captured a reduction in the benefit of NR, although the model still predicts a small residual benefit.
The additional four smaller panels in Figure 3 (two panels either side of the main central panel) show the effects of the compression parameter G max as it varies over the range of 0-36 dB. The simulated data for NH listeners at 500 Hz and 2 kHz are shown in the lower and upper left-hand panels respectively, and the simulated data for HI listeners are shown in the lower and upper right-hand panels, respectively. The solid and dashed black lines show simulated discrimination data for NR=off and NR=on respectively. The solid and dashed red lines show the psychophysical data for NR=off and NR=on respectively. The green line on each panel shows the estimated value of G max for the specific condition (this is derived from the intersection of the psychophysical data (red lines) and the modeling data (black lines)).
For the simulations of NH listeners, the action of increasing G max has the effect of increasing AM discrimination. Discrimination (d′) rises from 1 to 2.5 for G max values of 0 to 36 dB. Discrimination is higher for NR=on than for NR=off and this difference goes up with increasing G max . For the simulations of HI listeners, the same results are observed as for the NH listeners for the lower center frequency of 500 Hz. For HI listeners, at the higher center frequency of 2 kHz, the effect of G max is much reduced. Discrimination (d′) rises from 1.6 to 2.2 for G max values of 0 dB to 36 dB. Discrimination is marginally higher for NR=on than for NR=off and this difference does not change with increasing G max .
Estimates of G max for NH listeners are 22 and 31 dB for 500 Hz and 2 kHz, respectively. Estimates of G max for HI listeners are 22 and 13 dB for 500 Hz and 2 kHz, respectively.
In addition to varying both the level of the internal noise and the amount of compression, the gammatone auditory filter (the first stage of the model) was widened over the range of 1 ERB N to 4 ERB N to simulate the reduction in frequency selectivity typically associated with moderate sensorineural hearing loss (Moore 2007). However, due to the narrow bandwidth of the stimuli, 
DISCUSSION
The present study shows that a NR algorithm based on spectral subtraction improved the discrimination of narrowband complex AM patterns at both 500 Hz and at 2 kHz for NH listeners. This NH data at both 500 Hz and 2 kHz compares very well to the NH data at 1 kHz reported by Ives et al. (2013) , as discussed in the section "Psychophysical Data".
For all conditions, the discrimination scores of the HI listeners were reasonably high (d′~1.5-2.0) and generally comparable to those of the NH listeners, suggesting that the AM cues remained discriminable for the HI group. This is consistent with previous work showing that recognition of complex AM pattern is normal for listeners with moderate sensorineural hearing loss when audibility is controlled (Lorenzi et al. 2006) .
For the HI listeners, NR did not improve AM discrimination at either center frequency. At 500 Hz, the apparent large average increase in discrimination scores for HI listeners with NR (1.49 to 1.96) falls short of significance and highlights the large degree of variability amongst listeners (this is shown in Table 2 in the Appendix, which lists the discrimination scores for all listeners and all conditions). At the higher frequency of 2 kHz, the difference in discrimination scores was much less (1.73 and 1.75 for NR=off and NR=on).
For all of the experimental conditions, the fidelity of AM transmission was quantified by a model of early auditory processing and subsequently compared to AM discrimination performance for both groups of listeners (NH and HI). The parameters of the model were adjusted separately for each group.
The psychophysical performance of the NH group was consistent with predictions of the model and compared well to previous work (Ives et al. 2013) . The psychophysical performance of the HI group was consistent with the same model but with two modifications: firstly, the amount of compression (G max ) was varied over the range of 0-36 dB to account for loudness recruitment (resulting from the loss of the active mechanism on the basilar membrane); secondly, the level of the internal noise was increased to account for the increase in the level of the signal for the HI listeners.
Reducing the amount of compression (G max ) from 36 to 0 dB had the effect of decreasing the overall discrimination of the AM patterns both with and without NR. This also minimized the difference between NR=off and NR=on (i.e., it greatly reduced the benefit from NR). At the higher center frequency of 2 kHz, the absence of compression reduced the benefit of NR to negligible amounts.
For the HI condition, internal noise was increased at 2 kHz, largely to account for the 17 dB increase in the stimuli presentation level (i.e., 65 to 82 dB). The action of increasing the stimulus presentation level also reduced the effect of the compression (see Fig. 6 in Glasberg and Moore 2000).
The current data suggest that NR should not improve the discrimination of the crucial temporalmodulation cues in speech at those audio frequencies where a hearing loss is present or at frequency regions where there is no impairment. Moreover, it is important to keep in mind that NR may provide a benefit to hearing-aid users in other ways (e.g., lowering noise annoyance, reducing cognitive load or improving ease of listening).
The current study suggests that loudness recruitment (and thus compression) may play an important role in the strength of available cues when NR is used (e.g., Anderson et al. 2009 ). It follows that differences in the amount of loudness recruitment (i.e., slope, curvature and range of the growth-of-loudness function; Miskolczy-Fodor 1960; Moore and Glasberg 1997; Moore 2007) across HI listeners should be somewhat related to the overall perceived benefit from NR in these listeners. Indeed previous work (Kiessling et al. 1993) indicates that the variability in loudness recruitment increases with the severity of hearing loss. A large part of this variability may be explained in terms of the relative amount of inner and outer hair cell damage (Moore and Glasberg 1997). Further work should be undertaken to assess whether the amount of loudness recruitment is a predictor of the benefit of NR for HI listeners and as such may be used to select and adjust the appropriate processing algorithms for a given individual.
Further work should also be undertaken to assess whether the known benefits of NR (e.g., lowering noise annoyance, reducing cognitive load or improving ease of listening, see Brons et al. 2013; Palmer et al. 2006; Sarampalis et al. 2009 ) may arise from the improved AM discrimination in noise with NR observed in the present study.
CONCLUSIONS
The study of Ives et al. (2013) in which a spectralsubtraction NR was found to improve the transmission of AM information for normal-hearing individuals, has been extended to assess whether this benefit could be observed for hearing-impaired individuals. The current study used the same single-microphone NR algorithm based on spectral subtraction. In addition, AM transmission was quantified by a model of early auditory processing for each condition with the parameters of the model adjusted separately for the two groups of listeners (NH and HI).
Psychophysical and modeling results were:
1. NH listeners showed a benefit from NR at both 500 Hz and 2 kHz. 2. HI listeners tended not to benefit from NR at lower frequency regions where they had normal audiometric thresholds (500 Hz). 3. HI listeners tended not to benefit from NR at a higher frequency region where they had a moderate hearing loss (2 kHz). 4. The results of the NH group are consistent with the present model of early auditory processing (a pattern-matching algorithm operating on the envelopes estimated at the output of the auditory filter). 5. The results of the HI group are consistent with the same model, but with a reduction in the amount of amplitude compression (this was used to represent loudness recruitment) and an increased internal noise level (this was used to compensate for the increase in signal level). 
